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METHOD FOR GENERATING A SPECTRAL NOISE
WEIGHTING FILTER FOR USE IN A SPEECH CODER

Ficld of the Invention

The present. invention generally relates to speech coding,
and more particularly, to an improved method of generating a
spectral noise weighting filter for use in a speech coder.

Background of the Invention

Code-excited linear prediction (CELP) is a speech coding
technique used to produce high quality synthesized speech.
This class of speech coding, also known as vector-excited linear
prediction, is used in numerous speech communication and
speech synthesis applications. CELP is particularly applicable to
digital speech encryption and digital radiotelephone
communications systems wherein speech quality, data rate, size
and cost are significant issues. _

In a CELP speech coder, the long-term (pitch) and the short-
term (formant) predictors which model the characteristics of
the input speech signal are incorporated in a set of time varying
filters. Namely, a long-term and a short-term filter. An
excitation signal for the filters is chosen from a codebook of
stored innovation sequences, or codevectors. '

For each frame of speech, the speech coder applies an
individual codevector to the filters to generate a reconstructed
speech signal. The reconstructed speech signal is compared to
the original input speech signal, creating an error signal. The
error signal is then weighted by passing it through a spectral
noise weighting filter having a response based on human
auditory perception. The optimum excitation signal is
determined by selecting a codevector which produces the
weighted error signal with the minimum energy for the current
frame of speech.
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For each speech frame a set of linear predictive coding
parameters are produced by a coefficient analyzer. The
parameters typically include coefficients for the long term,
short term and spectral noise weighting filters.

The filtering operations due to a spectral noise weighting
filter can constitute a significant portion of a speech coder's
overall computational complexity, since a spectrally weighted
error signal needs to be computed for each codevector from a
codebook of innovation sequences. Typically a compromise
between the control afforded by and the complexity due to the
spectral noise weighting filter needs to be reached. A technique
which would allow an increased control of the frequency
shaping introduced by the spectral noise weighting filter,
without a corresponding increase in weighting filter complexity,
would be a useful advance in the state of the art of speech
coding.

Brief Descrinti f the Drawi

FIG. 1 is a block diagram of a speech coder in which the
present invention may be employed.

FIG. 2 is a process flow chart illustrating the general
sequence of speech coding operations performed in accordance
with an embodiment of the present invention.

FIG. 3 is a process flow chart illustrating the sequence of
generating combined spectral noise filter coefficients in
accordance with the present invention.

FIG. 4 is a block diagram of an embodiment of a speech
coder in accordance with the present invention.

FIG. 5 is a process flow chart illustrating the general
sequence of speech coding operations performed in accordance
with an embodiment of the present invention.

FIG. 6 is a block diagram of particular spectral noise
weighting filter configurations in accordance with the present
invention.
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FIG. 7 is a block diagram of particular spectral noise
weighting filter configurations in accordance with the present
invention.

" Detailed Description of a Preferred Embodiment

This disclosure encompasses a digital speech coding
method. This method includes modeling the frequency
response of multiple filters by an Rth-order filter, thereby
providing a filter which offers the control of multiple filters
without the complexity of multiple filters. The Rth-order
filter can be used as a spectral noise weighting filter or a
combination of a short-term predictor filter and a spectral
noise weighting filter, depending on which embodiment is
employed. The combination of the short-term predictor filter
and the spectral noise weighting filter is referred to as the
spectrally noise weighted synthesis filter. In general, the
method models the frequency response of L P-th order filters
by a single R-th order filter, where R<LxP. In the preferred
embodiment, L equals 2. The following equation illustrates
the method employed in the present invention.

—1_AlZ 1 z 1
AL o A —
o 1-¥ az! 1-¥ ajhz
i=1 .where i=1 . and
1zaz2az20

FIG. 1 is a block diagram of a first embodiment of a speech
coder employing the present invention. An acoustic input
signal to be analyzed is applied to speech coder 100 at
microphone 102. The input signal, typically a speech signal, is
then applied to filter 104. Filter 104 generally will exhibit
bandpass filter characteristics. However, if the speech
bandwidth is already adequate, filter 104 may comprise a
direct wire connection.
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An analog-to-digital (A/D) converter 108 converts the
analog speech signal 152 output from filter 104 into a
sequence of N pulse samples, the amplitude of each pulse
sample is then represented by a digital code, as is known in
the art. The sample clock, SC, determines the sampling rate of
the A/D converter 108. In the preferred embodiment, SC is
run at 8 kHz. The sample clock SC is generated along with the
frame clock FC in the clock module 112.

The digital output of A/D 108, referred to as input speech
vector, s(n) 158, is applied to coefficient analyzer 110. This
input speech vector s(n) 158 is repetitively obtained in
separate frames, i.e., lengths of time, the length of which is
determined by the frame clock FC.

For each block of speech, a set of linear predictive coding
(LPC) parameters is produced by coefficient analyzer 110.
The short term predictor coefficients 160 (STP), long term
predictor coefficients 162 (LTP), and excitation gain factor 166
g are applied to multiplexer 150 and sent over the channel for
use by the speech synthesizer. The input speech vector, s(n),
158 is also applied to subtracter 130, the function of which
will subsequently be described.

Basis vector storage block 114 contains a set of M basis
vectors Vm(n), wherein 1 <m<M, each comprised of N samples,

wherein 1<n<N. These basis vectors are used by codebook
generator 120 to generate a set of 2M pseudo-random
excitation vectors uj(n), wherein 0§i=<__2M'1. Each of the M
basis vectors are comprised of a series of random white
Guassian samples,' although other types of basis vectors may
be used.

Codebook generator 120 utilizes the M basis vectors Vim(n)
and a set of 2M excitation codewords Ij, where Ogi_<__2M-1, to
generate the 2M excitation vectors uj(n). In the present
embodiment, each codeword Ij is equal to its index i, that is,
Ii=i. If the excitation signal were coded at a rate of 0.25 bits
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per sample for each of the 40 samples (such that M=10), then
there would be 10 basis vectors used to generate the 1024

excitation vectors.
For each individual excitation vector uj(n), a reconstructed

speech vector s'j(n) is generated for comparison to the input

speech vector s(n). Gain block 122 scales the excitation vector
ui(n) by the excitation gain factor gj, which is constant for the
frame. The scaled excitation signal gjuj(n) 168 is then filtered
by long term predictor filter 124 and short term predictor
filter 126 to generate the recomstructed speech vector s'i(n)
170. Long term predictor filter 124 utilizes the long term
predictor coefficients 162 to introduce voice periodicity, and’
short term predictor filter 126 utilizes the short term
predictor coefficients 160 to introduce the spectral envelope.
Note that blocks 124 and 126 are actually recursive filters
which contain the long term predictor and short term
predictor in their respective feedback paths.

The reconstructed speech vector s'i(n) 170 for the i-th
excitation codevector is compared to the same block of the
input speech vector s(n) 158 by subtracting these two signals
in subtracter 130. The difference vector ej(n) 172 represents
the difference between the original and the reconstructed
blocks of speech. The difference vector ej(n) 172 is weighted
by the spectral noise weighting filter 132, utilizing the
spectral noise weighting filter coefficients 164 generated by
coefficient analyzer 110. Spectral noise weighting accentuates
those frequencies where the error is perceptually ‘more
important to the human ear, and attenuates other frequencies.
A more efficient method of performing the spectral noise
weighting is the subject of this invention.

Energy calculator 134 computes the emergy of the
spectrally noise weighted difference vector e'i(n) 174, and
applies this error signal Ej 176 to codebook search controller
140. The codebook search controller 140 compares the i-th
error signal for the present excitation vector uj(n) against
previous error signals to determine the excitation vector
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producing the minimum weighted error. The code of the i-th
excitation vector having a minimum error is then output over
the channel as the best excitation code I 178. In the
alternative, search controller 140 may determine a particular
codeword which provides an error signal having some
predetermined criteria, such as meeting a predefined error
threshold.

FIG. 2 contains process flow chart 200 illustrating the
general sequence of speech coding operations performed in
accordance with the first embodiment of the present invention
illustrated in FIG. 1. The process begins at 201. Function
block 203, receives speech data in accordance with the
description of FIG. 1. Function block 205 determines the short
term and the long term predictor coefficients. This is carried
out in the coefficient analyzer 110 of FIG. 1. Methods for
determining the short term and long term predictor
coefficients are contained in the article entitled, 'Predictive
Coding of Speech at Low Bit Rates," IEEE Trans. Commun. Vol.
Com-30, pp. 600-14, April 1982, by B. S. Atal. The short term
predictor, A(z), is defined by the coefficients of the equation

A(z)=_§J___
1-3 ajzd
i=1 .

Function block 207 generates a set of interim spectral
noise weighting filter coefficients which characterize at least a
first and second set of filters. The filters can be any-order
filters, i.e. the first filter is F-order and the second filter is Jth-
order, where R< F + J. The preferred embodiment uses two
Jth-order filters, wherein J is equal to P. The filters using
these coefficients are of the form

Z] ja
A[az] [ a] where 12020320

H(z), which is a cascade of at least a first and second set of Jth-
order filters, is defined as the interim spectral noise weighting

filter. Note that the coefficients of the interim spectral noise

g
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weighting filter are dependent upon the short term predictor
coefficients generated at functiog block 205. This interim
spectral noise weighting filter, H(z), has been used directly in
speech coder implementations in the past.

To reduce the computational complexity _due to spectral
noise weighting, the frequency response of H(z) is modeled by

a single Rth-order filter Hs(z), which is the combined spectral
noise weighting filter, of the form:
Helz) = —1—
R_ .
1-¥ ajzd
=1
Note that although Hs(2) is shown as a pole filter, He{z) may *
also be designed to be a zero filter. Function block 209

generates the Hs(2) filter coefficients. The process of
generating the coefficients for the combined spectral noise
weighting filter is illustrated in detail in FIG. 3. Note that the
Rth-order all-pole model is of a lower order than the interim
spectral noise weighting filter, which leads to computational
savings. _

Function block 211 provides excitation vectors in response
to receiving speech data in accordance with the description of
FIG. 1. Function block 213 filters the excitation vectors
through the long term 124 and short term 126 predictor
filters. .

Function block 215 compares the filtered excitation vectors
output from function block 213 and in accordance with the
description of FIG. 1 forming a difference vector. Function
block 217 filters the difference vector, using the combined
spectral noise weighting filter coefficients generated at
function block 209, to form a spectral noise weighted
difference vector. Function block 219 calculates the energy of
the spectral noise weighted difference vector in accordance
with the description of FIG. 1 and forms an error signal.
Function block 221 chooses an excitation code, I, using the
error signal in accordance with the description of FIG. 1. The
process ends at 223.
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FIG. 3 is an illustration of the process flow chart 300
describing the details which may be employed in
implementing function block 209 of FIG. 2. The process begins
at 301. Given the interim spectral noise weighting filter, fi(),

function block 303 generates an impulse response, h(n), of @

for K samples, where

Al Z 1
o A{Z “
a4JAlZ] la 1- 2 ajohz
[2] where  0SCoS1 t1'n and
there are at least two non-cancelling terms; i.e., that is ajza?2
with a;>0 and a2>0, or a2za3 with a2>0 and a3>0. Function

block 305 auto-correlates the impulse response h{n) forming’
an auto-correlauon of the form
Rin(i) = 2 h(n)h(n+i), 0< isR; R<K
n=1
Function block 307 computes, using the . auto-correlation and
Levinson's recursion, the coefficients of Hs(z) which is the

combined spectral noise weighting filter, of the form:
s(z) __1___

FIG. 4 is a generic block diagram of a second embodiment
of a speech coder in accordance with the present invention.
Speech coder 400 is similar to speech coder 100 except for the
differences explained below. First, the spectral noise
weighting filter 132 of FIG. 1 is replaced by two filters which
precede the subtracter 430 in FIG. 4. Those two filters are the
spectrally noise weighted synthesis filterl 468 and spectrally
noise weighted synthesis filter2 426. Hereinafter, these filters
are referred to as filter] and filter2 respectively. Filterl 468
and filter2 426 differ from the spectral noise weighting filter
132 of FIG. 1 in that each includes a short term synthesis filter
or a weighted short term synthesis filter, in addition to a
spectral noise weighting filter. The resulting filter is
generically referred to as a spectrally noise weighted
synthesis filter. Specifically, it may be implemented as the
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interim spectrally noise weighted synthesis filter or as a
combined spectrally noise weighted synthesis filter. Filterl
468 is preceded by a short term inverse filter 470.
Additionally, the short term predictor 126 of FIG. 1 has been
eliminated in FIG. 4. Filterl and filter2 are identical except
for their respective locations in FIG. 4. Two specific
configurations of these filters are illustrated in FIG. 6 and FIG.
7.

Coefficient analyzer 410 generates short term predictor
coefficients 458, filterl coefficients 460, filter2 coefficients
462, long term predictor coefficients 464 and excitation gain
factor g 466. The method of generating the coefficients for
filter] and filter2 is illustrated in FIG. 5. Speech coder 400
can produce the same results as speech coder 100 while
potentially reducing the number of necessary calculations.
Thus, speech coder 400 may be preferable to speech coder
100. The description of those function blocks identical in both
speech coder 100 and speech coder 400 will not be repeated
for the sake of efficiency.

FIG. 5 is a process flowchart illustrating the method of
generating the coefficients for Hs(z)', which is the combined
spectrally noise weighted synthesis filter. The process begins
at 501. Function block 503 generates the coefficients for a
Pth-order short term predictor filter, A(z). Function block 505
generates coefficients for an interim spectrally noise weighted
synthesis filter, H(2), of the form

Fity ~A[Z] LAl A ——
- [0_1]@ [Ej where ~ 0SOnsl 1-i§1 !

Given 'I:I'(z), function block 509 generates coefficients for an
Rth-order combined spectrally noise weighted synthesis filter,
Hs(z), which models the frequency response of filter H(2). The
coefficients are generated by autocorrelating the impulse
response,nN(n), of H(Z) and using a recursion method to find the
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coefficients. The preferred embodiment uses Levinson's
recursion which is presumed known by one of average skill in
the art. The process ends at 511.

FIG. 6 and FIG. 7 show the first configuration and the
second configuration respectively which may be employed in
weighted synthesis filterl 468 and weighted synthesis filter2
426 of FIG. 4.

In configuration 1, FIG. 6a, the weighted synthesis filter2
426 contains the interim spectrally noise weighed synthesis
filter H(2), which is a cascade of three filters: the short term
synthesis filter weighted by a1, A(z/aj) 611, the short term
inverse filter weighted by a2, 1/A(z/a2) 613, and the short
term synthesis filter weighted by a3, A(z/a3) 615, where 0O<a3
<az<al<l. Weighted synthesis filterl 468, FIG 6a, is identical
to weighted synthesis filter2 426, except that it is preceded by
a short term inverse filter 1/A(z) 603, and is placed in the '
input speech path. H(2) is in that case a cascade of filters 605,
607, and 609.

In FIG 6b, the interim spectrally noise weighted synthesis
filter H(Z) 468 and 426, is replaced by a single combined
spectrally poise weighted synthesis filter Hs(z) 619 and 621.
Hs(2) models the frequency response of H(Z), which is a cascade
of filters 605, 607, and 609, or equivalently a cascade of
ﬁlteri 611, 613, and 615, FIG. 6a. The details of generating
the Hsl2) filter coefficients are found in FIG. 5.

Configuration 2, FIG. 7a, is a special case of configuration 1,
where a3=0. The weighted synthesis filter2 426 contains the
interim spectrally noise weighted synthesis filter, H(2), which
is a cascade of two filters: the short term synthesis filter
weighted by a1, A(z/ai1) 729, and the short term inverse filter
weighted by a2, 1/A(z/a2) 731. The weighted synthesis
filterl 468, FIG 7a, is identical to weighted synthesis filter2
426, except that it is preceded by a short term inverse filter
1/A(z) 703, and is placed in the input speech path. H(2) is in
that case a cascade of filters 725 and 727.
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In FIG 7b, the interim spectrally noise weighted synthesis
fitter H(Z) 468 and 426, FIG. 7a, is replaced by a single
combined spectrally noise weighted synthesis filter Hs(2) 719
and 721. Hs(2) models the frequency response of H(2), which is
a cascade of filters 725 and 727, or equivalently a cascade of
filters 729 and 731, FIG. 7a. The details of generating the
Hs(z) filter coefficients are found in FIG. 5.

Generating the combined spectral noise weighting filter
from the interim spectral noise weighting filter of the form
disclosed herein, creates an efficient filter having the control
of 2 or more Jth- order filters with the complexity of one Rth-
order filter. This provides a more efficient filter without a
corresponding increase in the complexity of the speech coder.
Likewise, generating the combined spectrally noise weighted
synthesis filter from the interim spectrally noise weighted
synthesis filter of the form disclosed herein, creates an
efficient filter having the control of one Pth-order filter and
one or more Jth- order filters combined into one Rth-order
filter. This provides a more efficient filter without a
corresponding increase in the complexity of the speech coder.

What is claimed is:
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1. A method of generating coefficients for a welghtmg

filter comprising the steps of:

generating coefficients for a Pth-order filter;

generating coefficients for an interim filter including
coefficients for a first F-order filter and a second Jth-order
filter, each filter dependent upon said coefficients for said

Pth-order filter; and

generating coefficients for a Rth-order model of said
interim filter for use in the weighting filter, where

R<F+]

2. A method of generating coefficients for a weighting
filter in accordance with claim 1, wherein said step of
generating a Rth-order model further comprises the steps of:

generating an impulse response of the interim filter;

autocorrelating said -impulse response, forming an

autocorrelation, Rph(i); and

computing the coefficients of the Rth-order filter using a

method of recursion and the autocorrelation.

3. A method of generating coefficients for a weighting
filter in accordance with claim 1 wherein said recursion

method is Levinson's recursion method.

—_—
—_—
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4. A method of generating coefficients for a combined
spectral noise weighting filter, Hs(2), using coefficients for a
Pth-order short term filter, A(z), the method comprising the

‘steps of:

generating coefficients for an interim weighting filter of

the form
Hz) = Z
@ =A% i‘[‘j [

where  0<0a<l

*

A(Z- 1
((!.n) P .

1- 3 aopz

i=1 and there are at least two non-cancelling
terms; )

generating an impulse response, l’T\(“), of the interim
weighting filter,H(2) for K samples; _

autocorrelating the impulse response, h(n), forming an
autocorrelation

Ki . .
Rnn(i) = 2 h(n)h(n+i), O< i<R; R<K
n=t ; and
computing coefficients of a combined spectral noise

weighting filter, Hs{2), of a form
Helz) = —1—

using the autocorrelation, Rmn@) and a recursion method.

5. A method in accordance with claim 4 wherein said
recursion method is Levinson's recursion method.
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6. A method of generating coefficients for a combined
spectrally noise weighted synthesis filter, He(2), using
coefficients for a Pth-order short term filter, A(z), the method
comprising the steps of:

5 generating coefficients for an interim spectrally noise
weighted synthcsxs filter of the form

He) -A[a ]_qujA [ ZJ

0<o,<1

where = ,
A(—?'-)
1- 3 ajohzd
i=1 and there are at least two non-cancelling
terms; 5
10 generating an impulse response, h(n), of the interim

spectrally noise weighted synthesis filter, ﬁiz) , for K samples;
autocorrelating the impulse response, h("), forming an
autocorrelation . ‘i
Rhn(i) = i‘, h(n)h(n+i), 0< i<R; R<K
n=1 ; and
15 computing (307) coefficients of a combined spectrally
noise weighted synthesis filter, Hs(z), of the form
l“:is(*"f) —"'ﬁ"‘—

1-¥ ajz!
i=1

using the autocorrelation, Rmn() and a recursion method.
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7. A method of generating coefficients for a spectral
noise weighting filter for use in a speech coder, the weighting
filter depends upon coefficients of a Pth-order short term
filter, the method comprising the steps of:

generating coefficients for an interim spectral noise
weighting filter having at least two Jth-order non-cancelling
terms dependent upon the Pth-order short term filter;

generating an impulse response of the interim spectral
noise weighting filter for K samples;

autocorrelating the impulse response, forming an
autocorrelation; and

determining coefficients of a spectral noise weighting
filter using the autocorrelation and a recursion method.

\
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8. A method of speech coding comprising the steps of:

receiving speech data;

providing excitation vectors in response to said step of
receiving;

determining short term and long term predictor

coefficients for use by a long term and a Pth-order short term

predictor filter;
filtering said excitation vectors utilizing said long term
predictor filter and said short term predictor filter, forming
filtered excitation vectors;
determining coefficients for a spectral noise welghtmg
filter comprising the step of:
generating an interim spectral noise weighting filter
including a first F-order filter and a second Jth-order
- filter, dependent upon said Pth-order short term filter
coefficients, and
generating spectral noise weighting coefficients
using a Rth-order all-pole model of said interim spectral
noise weighting filter, where R<F + J;
comparing said filtered excitation vectors to said
received speech data, forming a difference vector;
filtering said difference vector using a filter dependent
upon said spectral noise weighting filter coefficients, forming a
filtered difference vector;
calculating energy of said filtered difference vector,
forming an error signal; and
choosing an excitation code, I, using the error signal,
which represents the received speech data.

(WM
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9. A method of speech coding comprising the steps of:
receiving speech data;
providing excitation vectors;
generating filter coefficients for a combined short term
and spectral noise weighting filter comprising the steps of:
generating a Pth-order short term filter;
generating an interim spectral noise weighting filter
including a first F-order filter and a second Jth-order
filter, each filter dependent upon said Pth-order short
term filter, and
generating coefficients for a Rth-order all-pole
combined short term and spectral noise weighting filter
using said Pth-order short term filter and said interim
spectral noise weighting filter, where R< P + F+J;
filtering said received speech data;
filtering said excitation vectors utilizing a long term
predictor filter and said combined short term and spectral
noise weighting filter, forming filtered excitation vectors;
comparing said filtered excitation vectors to said filtered
received speech data, forming a difference vector;
calculating energy of said difference vector, forming an
error signal; and
choosing, using the error signal, an excitation code, I,
representing the received speech data.

i
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10. A method of speech coding in accordance with claim
9 wherein said step of generating coefficients for a Rth-order
5  all-pole combined short term and spectral noise weighting
filter further comprises the steps of:
generating the implilse response of the interim spectral
noise weighting filter;
autocorrelating said impulse response, forming an
10 autocorrelation Rpp(i); and
‘computing the coefficients of the Rth-order all-pole fllter
using a method of recursion and the autocorrelation.
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